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Abstract
An efficient and low-complexity clipping estimation and compensation scheme is presented. With
clipped signals estimated from two different signal sources and accurately identified phase information,
the proposed scheme can improve the system performance significantly.
Introduction: In orthogonal frequency division multiplexing (OFDM) systems, time domain signals have
large dynamic range, which is well known as the high peak-to-average power ratio (PAPR) problem
[1]. As one simple solution to the problem, clipping, in particular, soft clipping allows the time domain
signals pass through a limiter in the transmitter to ’limit’ the amplitude of large signals to a predefined
threshold while leaving their phase unchanged. Clipping noise introduced by the magnitude distortion
will degrade the system performance, and some approaches have been investigated to mitigate the noise
[2]–[4]. In this letter, we first discuss several signal sources that can be used to reconstruct the clipping
error, and then propose a new low-complexity clipping compensation scheme based on the soft clipper.
The proposed scheme tries to reconstruct the parameters of clipping error from different signal sources
promising best estimation accuracy. Simulation results show that the proposed scheme can significantly
improve the system performance.
Clipping Noise Estimation and Compensation: In an OFDM system with M subcarriers, the time domain
signal is given by
x(k) =
1√
M
M−1∑
m=0
X(m)ej2pim∆fk (1)
where ∆f is the subcarrier interval, M is the number of subcarriers, and X(m) is the data symbols to
be transmitted. After passing through a soft clipper with clipping threshold A, the output signal becomes
xc(k) =
 x(k) |x(k)| < Ax(k)
|x(k)|A |x(k)| ≥ A
. (2)
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2The clipping errors are represented by a row vector ec, with ec(k) = x(k)−xc(k) for clipped signal and
ec(k) = 0 for non-clipped signal.
Assume the channel is estimated and removed in the equalizer in the receiver. The equalized signal is
Y (m) = X(m)− fmeTc +W (m), (3)
where fm = {1, e−j2pim, · · · , e−j2pi(M−1)m} is the mth basis of the Fourier transform matrix, T denotes
the vector transpose, and W (m) denotes the added noise and any residual interference due to, e.g.,
imperfectly estimated channel. Next, we discuss three signal sources that can be used for clipping error
reconstruction.
The first source is the demodulated signal from (3). To minimize the power of the clipping error, a
scalar α can be introduced to remodel the clipping [3], yielding xc(k) = αx(k) + d(k), where α =
1− e−A2/P +√pierfc(A/√P ) with P the average power of the signal before clipping. The reformatted
clipping model minimizes the clipping energy
∑M−1
k=0 |d(k)|2 almost independent of the clipping threshold.
With α incorporated in the demodulation, data symbols can be estimated from Y (m)/α, generating
estimates X̂. Convert the estimated symbols X̂ to the time domain by applying an inverse FFT, yielding
x̂. Now, in x̂, picking up those samples with magnitude larger than the clipping threshold A, we can get
Set 1 of clipped signals.
Secondly, applying an inverse Fourier transform to (3), we get y(k) = x(k) − ec(k) + w(k), k =
0, · · · ,M − 1, where w(k) is the time domain sample of W (m). With A known, clipped samples can
be picked up to form Set 2 from y(k) by choosing any sample with magnitude within a certain range
to the clipping threshold. Set 2 will have very high confidence particularly when clipping threshold is
small such that most samples are clipped. In a working system, the signal to noise ratio (SNR) for each
recovered time domain sample is generally large (e.g., above 10dB), this is also true for clipped signals,
that is A À |w(k)|. Thus the phase information of the clipping error can be accurately estimated by
∠(ec(k)) = ∠(y(k)).
Thirdly, let Y (m),m = 0, · · · ,M−1 in (3) subtract the estimated symbol X̂, and convert the difference
to the time domain, we can get
er(k) , y(k)− f−1k XˆT = x(k)− f−1k XˆT − ec(k) + w(k), (4)
we can see that the residual signal between y(k) and f−1k Xˆ
T
consists of three terms: the mapping error
x(k)− f−1k XˆT , the clipping error ec(k) and the noise w(k). In the frequency domain, the mapping error
is directly linked to the the clipping error and noise. After the Fourier transform, the correlation between
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3each clipping error and mapping error becomes smaller. When a sample is clipped with larger |ec(k)|, we
will be able to see a larger |er(k)|. Thus by picking up samples with |er(k)| larger than a threshold, or
simply picking up several largest ones, we can get Set 3 of clipped samples. when the clipping threshold
is small, |er(k)| is particularly large, being a good magnitude estimate for clipping error.
With Set 1, 2 and 3 of clipped signals, we can form various clipping estimation schemes, by considering
the clipping threshold and/or SNR. For example, the intersection of all sets can be used to minimize
the risk of mis-locating a clipped signal. Here, in particular, we suggest the following simple scheme by
combining the best feature of the three sets. The algorithm has the best performance according to our
simulation results and is summarized as follows:
1) Equalize the received signal and get Y (m), demodulate symbols from Y (m)/α and generate X̂;
2) Convert X̂ to time domain to yield x̂, form the set of clipped samples by picking up samples with
magnitude larger than the clipping threshold A;
3) Form the estimated clipping error êc(k) = |er(k)|ej∠(y(k)) for the samples in the set;
4) Generate new demodulated symbols from compensated samples Y (m) + fmêcT where êc are the
estimated clipping errors.
Simulation Results: Simulations are performed for an OFDM system with 256 subcarriers. Soft clipper
with Nyquist rate sampling is applied. The clipped signal is passed through a WiMax SUI3 channel
model [5]. Estimated channel is used in the equalization. A 1/2-rate convolutional encoder, followed
by a rectangular interleaver, is applied to the information bits. Viterbi decoder with hard decoding is
simulated. The scheme proposed in [3] is simplified by removing the coding/decoding modules out of
the compensation loop and used for comparison. Figures 1 and 2 show the BER results for systems with
16QAM modulation and 2dB clipping, and 64QAM modulation and 4dB clipping. Robust to different
clipping threshold. From the figures, we can see that the proposed algorithm improves the performance
significantly, and is superior to that proposed in [3].
Conclusions An efficient and low-complexity clipping estimation and compensation scheme is presented.
With parameters of clipped signals estimated from different signal sources which promise best accuracy,
the proposed scheme can improve the system performance significantly.
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Figure captions:
Fig. 1 BER performance for coded systems with 16QAM modulation and 2dB clipping
Fig.2 BER performance for coded systems with 64QAM modulation and 4dB clipping
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